This paper describes a new approach to the extraction of navigation information from Loran-C radionavigation signals. A reduced-rate, time-reversed sequence is derived from the RF signal and processed by an FIR filter. It is shown that proper design of the FIR filter and proper control of the sampling point guarantee the rejection of skywave contamination, and achieve excellent rejection of continuous-wave interference. The process is computationally efficient.
Introduction
Loran-C is a very widely-used hyperbolic radionavigation system which can provide an accurate position "fix" using simple equipment. Loran-C uses networks of terrestrial transmitters. Although it is being supplanted by the satellite-based GPS system, it is likely that Loran-C will continue to be widely used well into the next century. Many national governments have given their commitment to the continuation of Loran-C, and the International Association of Lighthouse Authorities is "convinced that there will be a requirement for a terrestrial radionavigation system … for the foreseeable future" [1] . Several new chains are currently being put into operation [1, 2] . Furthermore, it has always been good practice to make use of multiple sources of navigation information wherever possible, to provide redundancy in case of equipment failure, and to provide cross-checking of fixes. Developments in microprocessor technology and in digital signal processing have provided new ways of designing Loran-C receivers, in which the hardware component is simpler than hitherto. For all of these reasons, Loran-C receiver design is still a very active research field, and will continue to be so for some time to come.
A definitive but informal description of the Loran-C system is published by the United States Coast Guard (USCG) [3] . Tutorial descriptions are given in many text-books on navigation, e.g. [4, 5] . Frank [6] gives a review of developments up to 1983; his paper contains 136 references.
The Loran-C signal is formally defined by the USCG [7] . Loran-C transmitters transmit sequences of pulses of 100 kHz RF energy. The envelope of a single pulse is defined by:
where A is a normalization constant related to the peak amplitude, t is time in µs, and τ is the envelope-to-cycle difference (ECD) in µs. Ideally τ = 0, and we adopt this assumption from now on.
The precise shape of the waveform after t = 65 is chosen, in an unspecified way, to minimize the spectrum requirements of the signal. It is the leading edge (t ≤ 40, approximately) which is used for navigation.
The envelope E(t) modulates a 0.1 MHz carrier:
x0(t) = E(t) sin (2π f 0 t) (2) where f 0 = 0.1. The function x0(t) is depicted in figure 1 . The Loran-C signal within a period of two GRIs is the convolution of x0(t)
Once every group repetition interval (GRI)
with an impulse train: The entire Loran-C signal repeats every 2G µs:
A position fix is obtained by measuring the difference in arrival time between signals from several transmitters. Signals from two transmitters are sufficient to fix the position of a receiver on a hyperbola (a locus of equal phase difference); by using three transmitters two hyperbolae can be constructed, whose intersection gives the location of the receiver.
We assume a knowledge of standard techniques of digital signal processing (DSP), as given in many text-books, e.g. Cunningham [8] .
Previous work
A few descriptions, of varying degrees of detail, of various receiver designs have appeared in the open literature [9] [10] [11] [12] , although many designs are commercial and unpublished. Culver's 1986 paper [13] gives a review of receiver architectures which were prevalent at that date.
Most modern receivers, e.g. the design by Inmos [9, 10] and the timing receiver by Mills [11] , process the received RF signal directly, by synchronous sampling. Receivers of this type typically track a "standard" zero crossing, which is usually the one at t = 30 µs. They typically take one sample each pulse, i.e.
16m samples in each 2G period, where m is the number of stations in the chain.
Most analyses of Loran-C systems assume this type of receiver.
More recently, Beckmann [14] has proposed a type of receiver in which the RF signal is sampled at 300 k sa/s (samples per second). A fast processor is used to carry out digital filtering on this sample train. Beckmann shows how this method permits the suppression of continuous-wave interference.
A novel receiver design
The receiver which forms the basis of this paper uses a different approach. The RF signal from the antenna is amplified and mixed with a synthesized local oscillator (LO) signal at a frequency close to f 0 (figure 2).
Assume for the moment that the LO signal is given by sin (2π f 0 t + θ). The output of the mixer is:
The term with frequency 2f 0 is filtered out by the low-pass filter F1 and will be ignored. Dropping the constant of proportionality, the output from the filter F1 is:
Provided that the bandwidth of F1 is at least as large as the one-sided bandwidth of the Loran-C signal, and that θ is known and is not an odd multiple of π/2, no information is lost by this down-conversion. The signal y2(t)
contains contributions from each cycle of x(t), so the effect of noise on a single cycle of the antenna waveform is reduced, compared with traditional receivers which inspect at most a single cycle of each pulse-the cycle which spans the standard zero crossing-during each 2G µs period.
The entire software component in figure 2 is duplicated (conceptually) for each station. Identical software processing is carried out in parallel for each station in the chain. From now on we consider the processing of a signal from a single station.
The analogue signal which is the output of F1 is sampled to create a onebit digital representation, and de-spread in software by multiplying by a copy of the phase code. The first sampler S1 in figure 2 is driven synchronously with the LO. The sampling impulse train, the clock input to the sampler which determines when samples are taken, is
and the output from the sampler is
If  θ / (2π f 0 )  << 1000, so that the ith impulse of I S lies entirely within the ith pulse of E(t) * I(t), this simplifies to
which is an impulse train consisting of 16 impulses in a 2G period. These impulses have identical sign, which depends on the sign of cos θ. The output from the signal reconstruction filter F2 is
which is independent of t, assuming θ is constant. This signal is then resampled by S2 to provide a data stream { y 0 , y 1 , y 2 , … } at a rate of one sample every T = 2G µs, where
Although y is a sampled signal it will be convenient to treat it as continuous, in which case we define given by
where t 0 is a reference time. The effect is that the sampling point precesses over the pulse envelope. y(t) is then given by
The spectrum of y(t) is centred around f c . As shown in figure 2, y(t) is bandpass-filtered by a pair of cascaded digital filters F3 and F4, both with centre frequency f c . F3 is designed to cause negligible distortion in the time domain to the signal, while removing out-of-band noise; we therefore take its output as y(t). F4, which will be discussed in detail in the next section, does not have this property. Its output is z(t), given by
where R(t) is the impulse response of F4.
The time scales of the functions z(t) (regarded as a continuous function of time) and x(t) (the Loran-C signal at the antenna) are related by a factor -NT f 0 (eqn. (17)); in other words, z(t) is related to a time-reversed, reduced-rate version of the antenna signal. A stretch of the signal z(t) which describes a single pulse contains contributions from a large number of received Loran-C pulses. Note that the carrier phase in z(t) is shifted by π/2 radians with respect to the carrier phase in x(t). figure 3 from simulated data, assuming filter specifications derived in the next section. Note that the envelope is timereversed with respect to that of figure 1, and that the time axis is in seconds (not µs). Note also that the maximum of the envelope occurs at around the seventh cycle of the carrier in figure 1 , but at around the ninth cycle (counting backwards) in figure 3 , because of the low-pass filtering effect of F4. Figure 4 shows an off-air measurement of z(t), taken at York (United Kingdom) from a receiver synchronized to the "X" secondary of the Sylt chain (GRI = 7499), at Lessay in France. In this paragraph, the term "trailing edge"
The function z(t) is plotted in
refers to the trailing edge of z(t), which corresponds to the leading edge of the RF signal. This trailing edge is broadly similar to that which is predicted by the computer simulation, but the leading edge is extended backwards in time by ionospheric (skywave) effects and resonances in the LC filter F0. The slope of the trailing edge of the measured signal is less steep than that of the simulated signal, largely because of the effect of the front-end filters F0 and F1, but corresponds well with that which has been predicted or measured by other researchers. Last et al. [15] , for example, show that a typical receiver front-end bandpass filter extends the rise time of the envelope from 65 µs to 80 µs. Figure   5 shows the same data as figure 4, but on a smaller scale.
Elimination of skywave contamination
Any signals received by the skywave path (i.e. reflected off the ionosphere) arrive at the receiver later than the corresponding signals received by the groundwave (or direct) path. The skywave signal is highly variable: to achieve an accurate position fix, a receiver must isolate and process the groundwave signal.
The groundwave arrives at the receiver at least 37.5 µs before the skywave [3] . This figure is the minimum over all practical working conditions.
However in Europe carrier-wave interference (CWI) is an important factor which limits accuracy [16] . CWI in Europe is much worse than in other parts of the world, with the result that Loran-C transmitters have to be spaced more closely, and therefore path lengths are shorter. This in turn means that the groundwave-to-skywave separation in Europe can be guaranteed to be at least 40 µs. Since it is an advantage, in terms of the implementation and the simple description of the algorithms described in this paper, if the minimum groundwave-to-skywave separation is an integer number of cycles, this figure will be taken to be 40 µs. This is not an important point; the algorithms could be easily modified to use the conventional figure of 37.5 µs.
The function z of eqn. (18) once every four cycles of z(t). The effect is that the sampling point continually precesses over the same four cycles of the RF signal. The control process ensures that the four cycles over which the sampling point ranges are exactly those four cycles which are guaranteed to belong to the groundwave signal. The output from F4 is a therefore a close approximation to a uniform-amplitude sine wave; moreover, this signal contains contributions from the entire usable stretch of RF signal. This is in contrast to conventional receivers, which lock on to a standard reference point-usually the 30 µs zero crossing-and track that alone.
Now consider the design of the filter F4. Beckmann [14] has suggested the use of a finite impulse response (FIR) digital filter for filtering Loran-C signals.
An FIR filter with M "taps" (or coefficients) has the property that its output at any instant depends only on the previous M inputs. The time step of the filter is
T. An FIR filter is generally implemented by using a circular buffer which holds the previous M input values; the output from the filter is a weighted sum of the contents of the buffer. By making M = 4N, the FIR buffer will at any instant hold exactly four cycles of z(t).
It was found by simulation that the simple response function
(shown in figure 6 for N = 32) works well, though it is not claimed that this is the optimum filter design. Eqn. The design specified by eqn. (19) has the further advantage that it can be implemented recursively, in a form which does not require any non-trivial multiplications:
Extraction of navigation information
The phase ϕ(t) of the received signal, relative to an arbitrary reference value which is identical for all stations, is calculated repeatedly for each sample (i.e. once every T µs), as follows. First a complex sequence Z is synthesized from the real sequence z by taking the Hilbert transform:
This is easily achieved by combining the outputs from stages M and M -N/4 of the FIR buffer. ϕ(t) is implemented as a 32-bit quantity. The low-order 16 bits are given by
When ϕ L "wraps round" from 2 16 -1 to zero, the high-order bits ϕ H are incremented by one; this corresponds to a low-to-high zero crossing of Im Z. The phase value ϕ, from which a position fix is calculated, is then given by
and has units of cycles. 
Assuming a spherical earth, d i is related to the transmitter position (Λ i , Φ i ) and the receiver position (Λ r , Φ r ), where Λ represents geographic longitude and Φ geographic latitude, by the standard geodesic great-circle equations [17] cos
where R is the radius of the earth. An iterative scheme, fully described by Last and Scholefield [18] , is used to solve eqns. (25-27) to compute (Λ r , Φ r ).
In practice, eqns. (26, 27) are modified to take account of the spheroidal shape of the earth, and a correction term is applied to eqn. (25) to take account of the fact that c varies with position. Data to compute these corrections were obtained from the Automated Data Service of the U.S. Naval Observatory.
Since the transmitter positions are given relative to the WGS 84 datum, the result is computed in this coordinate system. To facilitate testing, the Molodensky method [17] is used to transform (Λ r , Φ r ) to the Ordnance Survey datum OSGB 36, and the geographic (longitude / latitude) coordinates are then converted to Cartesian (easting / northing) coordinates in the coordinate system of the British National Grid. This entails the computation of the transverse Mercator projection.
Immunity from continuous-wave interference
The definitive analytical treatment of the effects of continuous-wave interference (CWI) on Loran-C receivers is by Last and Bian [16] . Most of their analysis relates to the signals themselves, and applies equally to all designs of receiver, including the one presented in this paper. In particular, the attenuation of CWI due to phase coding, and the effect of the front-end filter, is the same for this receiver as for conventional receivers, and Last and Bian's analysis can be applied unchanged. Their treatment of signal averaging assumes however a particular receiver architecture which differs from ours.
To simulate the action of the digital phase-locked loop which most receiver programs employ to track the zero crossing of the carrier, Last and Bian suppose that the receiver averages the signal over a given number, K say, of periods of T µs. They show that synchronous interference, which they define as a single carrier of frequency f 0 ± (k / T) for some integer k (i.e. at a frequency which is coincident with a spectral line of the Loran-C signal), is not attenuated by signal averaging.
The results they give, in particular eqn. (21) in their paper, are analytically and numerically equivalent to those obtained by supposing that a digital moving-average filter with K taps and sample rate 1 / T sa/s is inserted in the signal path. This interpretation implies that there is no attenuation at synchronous frequencies, since all synchronous frequencies are aliased to 0 Hz.
Real receivers might use different filters, in which case one might expect better results than those which Last and Bian predict; but their published results provide a yard-stick against which the performance of our receiver can be compared.
Attenuation is provided by the combined action of F3 and F4. If one neglects for the moment F3, and adopts for F4 an ideal M-tap moving-average bandpass filter whose response is filtering. The lower graph shows, for comparison, Last and Bian's results for K = 20, which is largest value of K which they consider. Figure 9 shows the fine detail around f = f c . The improved attenuation of non-synchronous frequencies is evident, although the fact that signals at the image frequency of f 0 + 2f c are aliased into the pass-band is a disadvantage. This problem could be removed in a production receiver by using quadrature down-conversion, at the cost of a doubling of all of the signal channels, and a consequent increase in the complexity of both hardware and software, but it is not important in a receiver intended for research purposes.
As Last and Bian point out, the assumption that an interfering signal is an unmodulated sinusoid of frequency f 0 ± (k / T) in phase with the Loran-C carrier is unduly pessimistic. Another assumption is that the interferer is frequency-modulated in a random way, such that it spends an equal time at all frequencies within a band f 0 ± ∆f, where ∆f >> 1 / T. In this case a better measure of attenuation is given by the area under the curve in figure 9 , and the improvement afforded by the present technique is at once apparent. Real interferers generally behave in an intermediate fashion.
The preceding analysis has not taken into account the effect of the advancement of the sampling point by 4T µs every four cycles, i.e. once every 4NT µs. Clearly this has no effect on synchronous interference, since a period of 4T contains an integral number of cycles of a synchronous interfering frequency f i . If, however, f i is non-synchronous-that is, f i = f 0 ± (k+α) / T where α is not an integer-then the shift of the sample point causes an effective shift in the phase of the interferer by ± 4α cycles. This is equivalent to a phase modulation of the interfering carrier by ± 2α cycles at a modulation rate of one phase transition every 4NT µs. The resulting change in the spectrum of the interferer is complex [19] , but always has the effect of spreading the spectrum; thus it may be presumed that the effect on the receiver would be seen as a reduction in the amplitude of the interferer. It is interesting to speculate on the effect of further pseudo-random variations in the sampling point, subject to the constraint that the sampling point must always lie within the groundwave-derived portion of the signal. It is possible that a worthwhile spreading, and consequent reduction in effective amplitude, of CWI could be achieved by these means. Clearly more work needs to be done in this area.
Implementation issues
A prototype receiver was constructed, which uses a Motorola 68000 microprocessor. The program is written in the programming language C++, with a small portion in assembly code. Fixed-point arithmetic is used throughout, even in the coordinate conversion and datum shift routines. The program is based on the Occam [20] model of concurrently executing, non-preemptable processes (coroutines) which communicate data among themselves along "pipes" or "channels". Coordinates are displayed in the British National Grid (Ordnance Survey) coordinate system to a resolution of 10 m.
The value of N was fixed at 32. This is a compromise: the larger the value of N, the greater the precision to which ϕ L can be measured (from (21) and (22) The generation of the LO signal at about 100 000.2 Hz requires a master clock oscillator with a stability and initial accuracy of no worse than 1 ppm. This is achieved in the prototype by calibrating the LO against a local LF transmitter, using an FFT-based technique. It seems appropriate-"poetic justice", in fact-that a signal which is generally considered to be a harmful interferer should be used in a beneficial way.
After calibration of the LO, continual automatic frequency control of the LO is necessary. This is achieved by sampling ϕ 0 at intervals of 4NT, during which interval ϕ 0 should have advanced by 4 cycles, and applying an appropriate correction to the DDS circuit.
The front-end filter F0 is a simple LC bandpass filter with a very wide (two-sided) bandwidth of about 80 kHz centred on 100 kHz, contained in the antenna coupler. The filter F1 which follows the mixer is a simple four-pole active low-pass filter with a bandwidth of 10 kHz. Since in the present design the signal is filtered at baseband, the combination of these two simple filters has a comparable effect to the much more elaborate front-end bandpass filter found in conventional receivers. Figure 10 compares the overall response of the front end with that of a 10-pole Butterworth bandpass filter, which is the standard front-end filter design used for coverage calculations [16] . 
Performance
The prototype DSP-based receiver was first tested at a fixed location in York (England), using transmissions from the Norwegian chain (GRI = 7970), and after 1st January 1995 from the Ejðe (9007) and Sylt (7499) chains, which came into operation on that date.
The Loran system in Europe is in a state of transition. Since the establishment of the North-West European chains [1, 2] , the old Norwegian chain is no longer available. Of the new chains which replace it, the Lessay, Sylt and Ejðe chains all cover York. Eventually, the coverage at York will be excellent. Before August 1995 however, for various reasons, there were no chains in the North-West European system from which a position fix could be obtained in the vicinity of York. After that date, the Sylt-Lessay-Vaerlandet combination (with Sylt as master) has become operational, and extensive tests, both mobile and static, have been performed using that combination. Static tests show that the standard deviation of position is of the order of 10 m. Mobile tests appear to show an accuracy of better than ± 100 m at speeds below 120 km/h, but further tests are needed to confirm and to refine this estimate. These results compare well with the performance of other types of receiver.
It was found that the stability of the LO has a large effect on accuracy.
Conclusions
The novel method described in this paper for the extraction of time-ofarrival information from Loran-C signals has several advantages over alternative techniques.
Information is collected and averaged from a large number of pulses, and from a large number of points within each pulse, yet the hardware sample rate is low. The rate at which samples of z(t) are made available by the software is sufficiently low that it is easy to carry out sophisticated signal processing in real time, using a simple, slow processor; regardless of future improvements in processor performance, this will be an important factor if low-power battery operation is desired.
As explained in section 4, the use of an FIR filter with 4N taps for F4, in conjunction with the technique of advancement of the sampling point by four cycles every 4NT µs, guarantees that, at all times, the delay line or buffer which implements F4 will contain samples which relate to the groundwave component only of the received signal: skywave interference is automatically rejected. The design of the system ensures that the filter output contains contributions from the entire guaranteed groundwave component-a stretch of 40 µs-and combines these data in a way which reduces the effect of noise perturbations to individual cycles.
The hardware component is comparable in complexity to that of conventional receivers. A local oscillator, and a front-end mixer and associated low-pass filter, are required which are absent in conventional receivers. The front-end bandpass filter can be considerably less elaborate: a single tuned low-Q LC stage suffices. A simple post-down-conversion low-pass filter (F1) gives an excellent overall front-end selectivity. High-speed sampling hardware is not required.
The software component is simple. The program comprises about 50 pages of C++ code, which includes a real-time scheduler and all necessary support routines. The DSP code which implements the software component of figure 2 comprises only six pages. By contrast, Mills's software [11] has about 30 pages of C code (excluding comments), but relies on the services of an underlying operating system for scheduling, input and output, and mathematical routines.
The size of the Inmos [9, 10] program is not known; but it is a stand-alone Occam [20] program, and a direct size comparison with C code is not realistic.
It has been shown that the technique has better immunity to continuouswave interference than that which is predicted for conventional receivers.
Possible avenues for further research, involving the periodic pseudo-random shifting of the sampling point in order to spread the spectrum of interfering carriers, have been identified.
